An asynchronous multiuser system is proposed to support multiple-access underwater communications without the use of code-division multiple-access or a feedback channel. The rich multipath channels experienced by spatially separated users will be sufficient to ensure separation of collided packets at the base station. The iterative receiver will employ a combination of adaptive time-reversal processing, matching pursuit, and successive interference cancellation in a block-wise fashion to achieve multiuser separability. Data collected during the KAM11 experiment are used to illustrate the system's capability in a dynamic, time-varying environment.
I. INTRODUCTION
Recent research in the field of acoustic communications through shallow water channels has focused on scenarios in which multiple sources are used to transmit acoustically to a single receiving base station, typically to a multi-element receiving array. Although system designs employing multiple sources are inherently more complicated, the potential benefits have been shown in some cases to far outweigh these complexities. Currently, there are two main categories of multiple source system designs, one in which the sources belong to a single user and transmit in unison, and one in which each of the sources belongs to a separate user and transmit independently from one another. In the first category, typically known as single-user multipleinput, multiple-output (MIMO) communications, the additional transmitters can be used in conjunction with space-time block codes to increase either the robustness or throughput in transmission (or a tradeoff in between). 1 The focus of this letter is the second category, referred to as multiple-access or multiuser communications, which allows spatially separated users to simultaneously transmit independent messages to a shared base station. If constructed properly, multiple-access systems can deliver both substantial throughput gains (versus single-user systems) and alleviate networking burdens in multiuser systems.
One of the primary benefits of multiple-access systems is the linear increase in total throughput that is possible over single-user systems. Some of the earliest work in multiuser underwater acoustic communications included the extension of the adaptive decision-feedback equalizer (DFE) to multipleaccess channels. 2 Since then, alternative methods based on time-reversal (TR) techniques also have been investigated. 3 These promising results showed that with careful design of the receiver architecture, the rich multipath channels common in shallow water environments opened opportunities for multipleaccess communications without the need for spreading codes [i.e., code-division multiple access (CDMA)], which necessarily sacrifice throughput to ensure multiuser separability at the detectors. 4, 5 The TR work relied on the premise that in rich multipath environments, spatially separated users (sometimes by only a few meters) could observe channel impulse responses (CIRs) to the base station (typically kilometers away) that were different from one another. With reliable estimates of these CIRs and assumptions of time-invariance of the channel, the receiver could leverage these differences to achieve multiuser separability. Further work demonstrated that the coupling of TR techniques with successive interference cancellation (SIC) and iterative processing yielded a receiver capable of achieving separation even in time-varying environments 6 (or in the context of MIMO). 7 However, the previous TR work required some synchronization amongst the users. In TR communications, an initial estimate of the CIR from each of the users was required at the base station before decoding of data bearing signals could commence, and was obtained through receptions of channel probes from each of the users in the absence of multiple-access interference (MAI). This MAI-free condition implied that the transmission of channel probes by users was organized into time slots by the base station through a reliable feedback channel (from the base station to the user). This scenario would require significant networking overhead and would be unfavorable in the underwater acoustic channel, where the combination of small coherence times (typically much less than a second) and large propagation delays (typically much more than a second) discourage the reliance on feedback and two-way communications.
The focus of this letter is to demonstrate that even when users transmit asynchronously through a time-varying channel, reliable channel estimates can be obtained and multiuser separation achieved with the combination of TR processing and SIC. Furthermore, when coupled with matching pursuit (MP) and iterative processing, the resulting architecture can maintain separation even in time-varying environments. From the users' perspective, this work potentially provides a) Author to whom correspondence should be addressed. Electronic mail:
scho@ucsd.edu J. Acoust. Soc. Am. 132 (1), July 2012 V C 2012 Acoustical Society of Americathe capability to communicate without the need of a feedback channel from the base station and without the need to cooperate with other users. At the base station, collided packets potentially can be separated, dramatically decreasing the packet error probability without any additional networking overhead, two of the most important factors underpinning popular networking architectures. 8 
II. MULTIUSER SYSTEM DESIGN
In order to support a small network of asynchronous users, a simple packet-based transmission scheme is employed that utilizes a user-dependent channel probe at the beginning of each user's packet. The receiver, which carries the computational burden in this system, implements a block-by-block processing scheme that switches between two different modes of operation based on the number of users transmitting within each block.
A. Transmission scheme
The data packets transmitted by the users are composed of channel probes followed by sequences of data bearing symbols drawn from a constellation (e.g., see Fig. 2 ). The channel probes at the front of each packet are single periods of Kasami sequences unique to each user. Kasami sequences are specially designed maximum length sequence typically used in spread spectrum communications because of their MAI mitigation properties. 9 However, it is important to note that in this design, the sequences are used only as channel probes to uniquely identify and obtain an initial CIR estimate from each user but not to "spread" the data bearing portion of the signal to gain MAI suppression. Following the Kasami sequence, the user transmits data as a sequence of symbols drawn from a constellation. Once constructed, a user's packet can be transmitted to the base station at any time, possibly interfering with other users' transmissions.
B. Asynchronous multiuser detection
At the base station, the multichannel received data are demodulated to complex baseband, and the initial detection of transmitting users is performed by matched filtering with the unique Kasami sequence for each potential user. From the output of the matched filters, the receiver can determine which users are active and when their transmissions begin as well as obtain an initial CIR estimate for each of the transmitting users. After this initial processing, the demodulated signal r i [n] is decoded in block-by-block fashion in one of two receiving modes depending on the number of transmitting users within a given block. For blocks in which only a single active user is transmitting, a single-user receiver with conventional TR and MP. 10 More generally, when a block contains collided packets from different users, a combined adaptive time-reversal (ATR), a TR approach with spatial crosstalk nulling, 3 and SIC receiver is implemented to separate the collided packets. 6 The block diagram for a two user receiver is provided in Fig. 1 , and is easily generalizable for larger numbers of users. The combined ATR and SIC receiver can separate collided packets by removing MAI in two different ways. While decoding one of the users, for example user j, SIC combines the CIR estimates h (k) [n] of interfering users, user k for k = j, and symbol estimatesd [n], its CIR estimate for the desired user, for multichannel combining and ISI mitigation. However, the ATR combiner implemented here also mitigates MAI by utilizing its knowledge of the other users' CIRs. Following the ATR combiner, a DFE specific to user j with feedforward and feedback filters a (j) [n] and b (j) [n] is used in conjunction with an embedded phase-locked loop (PLL) to compensate for residual ISI and a time-varying phase rotation h j . It should be noted that during the first decoding iteration, symbol estimates from competing users are not available to the receiver, and SIC cannot be performed. Thus, during the first iteration, ATR is the sole source of MAI mitigation.
Once symbol estimatesd j n are available to the receiver, they are used in conjunction with the mitigated MAI signals at the output of SIC, to update the receiver's estimate of the CIR h ðjÞ i [n] for each receiving element i. These new estimates, illustrated with dotted lines in Fig. 1 , are utilized by the receiver during further iterative processing of the current block and in the next block to initialize the ATR combiner. Block-wise processing and the MP algorithm provide this receiver with the capability to track each user's time-varying channel for the duration of their packets.
III. KAM11: RECEIVER ANALYSIS
The Kauai Acomms MURI 2011 (KAM11) experiment was a multi-university research initiative focused on studying the impact of environmental fluctuations on underwater acoustic communication systems. Similar to the KAM08 experiment, the KAM11 experiment was conducted off of the west coast of Kauai in a roughly 100 -m downward refracting environment. For the purposes of this letter, data were collected during the experiment on a 16 element receiving array from two independent sources separated vertically by 15-m while transmitting over the 20-30 kHz frequency band at a range of approximately 3 km. A diagram of the experiment is provided in Fig. 2 . More information about the KAM08 and KAM11 experiments is available in the literature. 6, 10 To create an asynchronous packet, independent transmissions from each of the sources (denoted User 1 and User 2) were recorded by the array and added together in postprocessing (transmissions JD186 03:40 UTC and JD186 05:40 UTC, respectively). As shown in Fig. 2 , an arbitrarily chosen delay of roughly 5 s was introduced for User 2 with respect to User 1. Each user transmitted a 1023 length (roughly 200 ms) Kasami sequence as a channel probe followed by a 10.5-s packet of symbols drawn from constellations, 16-QAM (quadrature amplitude modulation) from User 1 and a modified 8-QAM from User 2, at a rate of 5000 symbols per second. In the combined packet, User 2 experienced a signal-to-interference ratio (SIR) of roughly À2.5 dB indicating it to be the weaker user between the two. From Fig. 2 it is apparent that User 2 also experiences a CIR that varies more severely than User 1 and a received signal-to-noise ratio (SNR) that increases as its transmission progresses.
A summary of the receiver's performance when applied to the example asynchronous packet is shown in Fig. 3 . First, the receiver detected and obtained an initial CIR estimate by processing the Kasami channel probes from the users. The initial CIR estimates for User 2 are shown in the right panel of Fig. 2 . It should be noted that although the initial CIR estimates for User 1 (not shown) were estimated without MAI, the initial estimates for User 2 were obtained successfully from received data in the presence of strong MAI (SIR of À2.5 dB). In this case, the channel probe was designed to be of sufficient length to provide enough coding gain to overcome strong MAI. As the initial CIR estimation process is critical to the performance of the receiver, a longer Kasami sequence could be used to further ensure robust estimation of the initial CIR from all users.
Once initial CIR estimates were available, the receiver began block-wise processing of the collided packet with a block size of 0.5 s or 2500 symbol periods. A portion of the preceding block was reprocessed with the current block to minimize any potential boundary effects. Both sets of feedforward and feedback filters were tracked with recursive least-squares algorithms and forgetting factors of 0.998. Additionally, the proportional and integral PLL tracking constants were set to 1 Â 10 À4 and 1 Â 10
À5
, respectively. For blocks in the first and last 5 s of the combined packet in which no MAI was present (see Fig. 2 ), the single-user receiver discussed previously was used to decode the blocks with combined output SNRs of roughly 19.5 dB and 20.3 dB for Users 1 and 2, respectively. For the blocks in the middle 5 s of the combined packet in which the two users' transmissions collided, four iterations of the multiuser receiver were required to achieve multiuser separation and led to output SNRs of roughly 16.7 dB and 14.0 dB, respectively. With four iterations of processing, the receiver was able to perform accurate channel updates and combine these estimates with symbol estimates from previous iterations to remove MAI in similar fashion to previous SIC receivers. 6 A roughly 3 dB performance decline between single and multiuser performances has been observed in previous work, 3, 6 and is experienced by User 1 in this example as well. However, the decline for User 2 is larger than expected at roughly 6 dB, but seems to be due to the increased received SNR for User 2's transmission toward the latter half of the packet as illustrated in Fig. 2 . The mean-squared error of soft symbol estimates taken during the final iteration of decoding as well as scatter plots of these estimates are shown in Fig. 3 and illustrate clearly the performance decline when blocks contain collided packets from the two users. However, the scatter plots, which are segmented into portions of packets decoded within (inner panels) and without (outer panels) MAI, show that the receiver is still able to decode the symbols successfully and separate the two packets.
IV. SUMMARY AND CONCLUSION
A system was developed to support asynchronous multiuser communications through a time-varying channel, providing multiuser separability at the base station without CDMA or a feedback channel. Although the users would utilize the same bandwidth at the same time, CDMA was found to be unnecessary in underwater acoustic channels where the rich multipath channels experienced by spatially separated users was sufficient to separate collided packets at the base station. With a base station employing block-wise processing of a TR receiver coupled with iterative SIC for the blocks containing interference, the receiver was found to be capable of providing separation to the users without the need to align them in the frequency or time domains, minimizing the need for feedback to the users. The receiver was applied to data collected during the KAM11 experiment, in which two users transmitted asynchronously across a 3 km channel to a 16-element vertical array deployed in 100 m deep water. Their packets consisted of Kasami probes followed by 10.5-s of QAM symbols and were transmitted asynchronously to the base station.
